Abstract: LTE technology has been designed to serve high data traffic and to withstand occasional traffic bursts caused by various events that arise when live video streams are watched. LTE will have to manage its resources judiciously since video traffic is not constant, and at the same time it will have to seek to offer highest quality experience. This paper demonstrates the benefits of using MIMO technique with 4 transmitters instead 2 when requesting live video streams. It also displays mobility cases each with a different subscriber moving speed, and with different gains, respectively.
Introduction
Mobile broadband users are demanding more and more video and high-quality video content. The latest Ericsson Mobility Report June 2017 [1] , states that video traffic is the largest contributor to the volume of mobile traffic, accounting for more than 50% of it. And growth is expected to continue at a rate of about 10 times by the end of 2019. Video traffic characteristics were studied in [2] which detailed its profilng at OSI Layers 2 and 3, without needing to extract information from the higher layers.
LTE technology must allow multiple users to receive the same content simultaneously. The technology is used to distribute broadcast streams in welldefined broadcast areas in which all cells join a network with a single set of frequencies that send the same data over the same time slots. The Broadcast and Unicast radio channels coexist in the same cell, who benefit of the same capacity, while the available radio resource subsets are dynamically allocated to either broadcast or unicast channels [3] . LTE mobile providers need to combine the power of many technology standards, including eMBMS (Evolved Multimedia Broadcast Multicast Services), HEVC (High Efficiency Video Coding, also known as H.265 which is a standard for video compression) and MPEG-DASH (Dynamic Adaptive Streaming over HTTP -which is an adaptive streaming bitrate technology that allows high-quality steaming of internet media content provided by HTTP servers) [4] .
The MIMO (Multiple Input Multiple Output) technology is one of the main features that enhances the capability of the LTE network more than UMTS (HSPA+) [5] . Generally, the capacity differences generated by the MIMO technique are estimated using traffic patterns that include different types of traffic (voice, video, internet browsing, etc.). In this case, however, it must be considered that video traffic is explosive and data flow of video streams can suddenly rise to significantly higher values than those of internet traffic. The first criteria that is being discussed about the transmission of a video stream is the quality.Therefore, the radio transmission interface capacity must be evaluated using realistic video traffic models. Thus, depending on the different cases found in practice, the operator will be able to choose the most appropriate deployment configurations. In the literature, studies on the capacity and quality of video streams in the mobile network range from wireless networks [7] , [8] to QoE (Quality of Experience) assessments in LTE networks [9] .
The paper is divided into three parts. The first part provides an introduction to the LTE radio interface and the video encoding techniques, the second parth describes the experiment and the parameters used and the latter part presents the conclusions and interprets the experimental results.
II. Video transmission in the LTE Standard
One of the biggest differences in LTE compared to previous 3GPP mobile communication systems is the radio interface. On the LTE downlink side an OFDM (Orthogonal Frequency Division Multiplex) technique is used that divides the data stream into several slower data streams, but which are transmitted simultaneously, resulting in a reduces multipath propagation effect.
Two types of radio interfaces are specified in the LTE standard: FDD and TDD (Frequency Division Multiplex / Time Division Multiplex). FDD is a type of technology that comes from the 3G standard, and TDD is a technology that has evolved from SCDMA. TDD uses an unpaired spectrum because the uplink and downlink take place on the same frequency which leads to more flexible allocation of resources. FDD uses a paired spectrum in which the uplink and downlink take place on different frequencies, so it is not possible to make dynamic changes to match the capacity. This paper focuses on downlink video traffic and the LTE system in question uses the 20 MHz band and TDD. The configuration used in this case is TDD conf. 5, and, from a 10 ms radio frame, 8 of the sub-frames are allocated for downlink transmission.
Each sub-frame has 14 OFDM symbols, with 15 KHz subcarrier spacing, 601 subcarriers. Downlink resource allocation is done through resource blocks (RB) which contain control, data and pilot symbols. In a downlink sub-frame the first 2 or 3 OFDM symbols are used by the control channels, and the rest of the symbols are used for data and pilot signals. Link adaptation, HARQ and MIMO systems improve the radio interface capacity. Transmitted video data is compressed, using less bandwidth. In variable bitrate encoding (VBR), the size of the frame can vary greatly but it attempts to maintain video quality at the same level throughout the transmission. Mobile devices have different hardware and software features, display size, processors and operating systems which cause the frame size to vary. Storage capacity can influence the buffer capacity and may affect the quality of video stream playback. Processors and OS can also influence video quality. An example would be the HEVC (H.265) compression video standard that is implemented in newer generation smartphones. HEVC delivers video quality at the same level as AVC (H.264) but with a double compression rate, or enhanced video quality at the same bit rate.
Video services can be split into three categories: download service, near real time streaming service (NRTSV) and real time streaming service (RTSV -used primarily for video conferences). The download service is used to be played back at later times. Thus, the mobile terminal must have sufficient storage to download and save the video stream.
For NRTSV, the most common transport protocol is RTP over UDP but the TCP protocol is also used successfully, because a large buffer is required for this type of service. However, depending on the protocol used, the video traffic characteristics transmitted from the base station may have significant differences. NRTSV is poised for live or archived streaming applications. Streamed video frames are loaded into a buffer and playback is made after the delay of said buffer, (at least 2 seconds, depending on the phone characteristics above). This service is the most stable since a video frame is always stored in buffer memory once playback has started.
III. Parameters used
The experiment was performed using an IXIA XGS12-HS chassis -on which operates the IxLoad test and simulation application. IxLoad encompasses multiple simulation and test features for OSI layers 4 to 7, including emulation of video, voice, VPN, wireless and encapsulation protocols. To simplify this simulation the users located in the area closest to the middle of the cell, will be considered. In this regard there will be considered two randomly placed users in each cell, totaling 46 users in 23 simulated cells.
The eNodeB expects to receive an ACK message if the data in each 1 ms subframe has been received correctly. HARQ messages are transmitted on the PUSCH or PUCCH (signaling messages, uplink control information) channels if the mobile terminal is not assigned an uplink channel at the time that the feedback is requested [10] .
In LTE, ACK / NACK messages for a downlink transmission are sent after four sub-frames to give enough time for the receiver to decode the data. As a result, retransmitting a block of data that was not correctly received is 5 ms from the original transmission. Thus, several HARQ processes must work in parallel to fill the gap between transmitting a data block and the ACK message.
According to Table 3 , the parameters of a video transmission will be chosen, in which the mobile network is assumed to have negligible delays since the eNodeB acts as a video server. A downlink scheduler whose role is to prioritize packets that have the longest delays will also be used. Generally, video transmission sent over the internet or over LTE has a delay of a few second, but this is not disturbing from the user's point of view.
The simulation in this article takes into account traces that are available at http://www-tkn.ee.tu-berlin.de/research/trace/stat.html. As such, video traffic was generated using the simulator above. An RTSV model was chosen since this model successfully describes MPEG-4 high-flow video streams. Each trace started from the non-coded YUV (light and chromatic components) that was captured with the bttvgrab program at 25 frames per second in the QCIF format (Quarter Common Intermediate Format -standardizes the horizontal and vertical resolutions in pixels). YUV frames were encoded with MPEG-4 and H.263.
This simulation implied that each subscriber connects to a video traffic source, which may be the same for many users because the number of video resources does not coincide with the number of users. This simulation does not end when a user reaches the end of the trace, since the trace replays and is 180 seconds long.
IV. Experimental results
Depending on the number of antenna choices (2x2 SU-MIMO, 4x2 SU-MIMO), there will be presented a series of experiments aiming at highlighting differences in the spectral efficiency of the system and the quality of the video transmission. In these experiments the transmission channel capacity will be known, flat-fading is considered (all components in the signal frequency suffer the same intensity of the fading phenomenon) and the CSI (Channel State Information) is considered fully known at the reception. CSI includes all the information related to a radio communication channel (scatter, fading, attenuation, etc.) and is used to dynamically adapt to transmission per the conditions to which the channel is subjected. The ration of the ergodic capacity of such a 4x2 channel to that of a 2x2 channel per SNR (Signal to Noise Ration -represents the ratio between signal strength and noise) is graphically represented in Figure 1 (a downlink scheduler was used) .
Ergodicity describes that any sample that belongs to a process is representative of the entire process, statistically-wise [11] . It is noticed that when the SNR decreases, channel capacity increases.
The next experiment will use the full buffer model since this model has been widely used, analyzed and verified during field trials [12] . Here the number of subscribers in a cell is constant and the users' data stream buffers always have infinite amount of data to be transmitted. Interference-wise it is known that it is spatially dependent on adjacent frequencies or are caused by beamforming in the adjacent sectors. To reduce interferences, a diversified frequency allocation that divides the data segment over the entire available bandwidth will be used. The ratio of channel capacities 4x2 to 2x2. [6] With 4x2MIMO, doubling of the number of transmission antennas, a tighter beam will be created to reduce the degree of spatial interference. Thus, due to a low spatial correlation of interference, spectral efficiency will be higher for users with low SINR (Signal to Interference Noise Ratio) as seen in Figure 2 , which shows the CDF (Cumulative Distribution Function) for 2x2 and 4x2 MIMO. Also, the limitation to the highest possible MCS (Modulation Coding Schemewhich is chosen by the eNodeB following measurements made by the terminal) that will be supported, will reduce the spectral efficiency gains of users with high SINR [13] . Table 4 shows the gains in spectral efficiency reported by MIMO 4x2 versus 2x2. It can be deduced that the increase in the number of transmission antennas certainly leads to the increase in the spectral efficiency experienced by more subscribers with lower SINR. Table 5 illustrates the performance of SU-MIMO in conditions where all users benefit from the same traffic regardless of channel conditions and LTE transmission is performed with Mode 4. In Table 5 the video traces of 256 kbps were used and the chosen network was FDD LTE with a bandwidth of 20 MHz (Orange, Vodafone and Telekom Romania). It shows that the 2x2 SU-MIMO performance is exceeded by the 4x2 SU-MIMO technique in all three discussed scenarios. Table 4 shows that the full buffer model performs inferior to the steaming video when the number of antennas is increased at the transmitter even though this simulation took into account only ideal conditions. Also, where the higher the travel speed of the users (38 km/h from the speed of 5 km/h), the better the performance. The higher-speed scenario was chosen to create a simulation of a car or tram subscriber. 
V. Conclusions
A first conclusion is that it was demonstrated that the shift from the 2x2 SU-MIMO to 4x2 SU-MIMO technique has benefits in terms of transmission speed, increase of throughput and reduction of cell-side interferences when traffic data is video. Video traffic was chosen to be simulated with a model that supported existing video traces. The case of mobility was also studied, and a case where the subscriber did not move at walking speed but was in a means of transport.
The values obtained indicate that the improvements made by the 4x2 technique can increase the capacity of the LTE network by 30% to 50% compared to the 2x2 performance, depending on the speed of the users movement.
This article has chosen to address the problem of capacity more than the throughput. These notions are related that as long as a subscriber has a faster and more stable transmission, the need for retransmission decreases drastically, and then there is more free capacity for the other users. As a result, experiments can continue with the 4x4 MIMO technique, but in this case the disadvantages would be the cost of such a chip, algorithm complexity and mobile terminal design.
